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1. 

REDUCED CHOP RATE ANALOG TO 
DIGITAL CONVERTER SYSTEMAND 

METHOD 

RELATED APPLICATIONS 

This application claims the benefit of U.S. Provisional 
Application No. 60/536,581 filed Jan. 15, 2004, entitled: 
“Reduced Rate Chopping in an A/D Conversion System’, 
incorporated by reference herein. 

FIELD OF THE INVENTION 

This invention relates to a reduced chop rate analog to 
digital converter system and method, and more particularly 
to such a method and system in which the digital filter places 
equal weighting on positive and negative input error com 
ponents. 

BACKGROUND OF THE INVENTION 

Chopping is frequently used to eliminate amplifier offset. 
For example, switches at the input and output of a differ 
ential amplifier are operated to reverse the polarity of the 
offset error So that it appears at the output alternately as 
positive and negative offsets which are then filtered out to 
eliminate the offset from the primary signal. Chopping also 
addresses the 1/f flicker noise problem, which is becoming 
more of a problem in process geometries in the 0.25 micron 
range and lower, by transferring 1/f flicker noise to a higher 
frequency with the offset where it too can be filtered out. 
One problem with chopping is that it introduces an input 

current which causes a reduction in input impedance. Fur 
ther the input current increases with increasing chop rate. 
Chopping is often used with analog to digital circuits 
(ADCs) where the chopping rate is the sampling rate of the 
ADC. This high rate of chopping produces undesirably large 
input current and the sampling rate is normally desired to be 
high. In Sigma delta (XA)converters the sampling rate is 
generally quite high, 100 KHZ-10 MHz, but the output 
conversion rate can be much lower. For high resolution X. A 
converters the over sampling rate can be 200 to 2000. X. A 
converters often use a buffer amplifier input to increase the 
input impedance and chopping can be effected at that buffer 
amplifier to eliminate its own offset and 1/f flicker noise. 
Once the positive and negative offsets have been generated 
by chopping they can be combined or filtered either by the 
X. A modulator in the X. A converter or the digital filter in the 
X. A converter or a subsequent filter. Normally a X. A 
modulator receives two input samples per modulator cycle 
and the offset voltages can be inverted twice each cycle by 
chopping. Thus one input sample is proportional to (Vin-- 
offset) the other (Vin-offset). The first integrator in the X. A 
modulator Sums those samples, that is, the offset Voltages are 
sampled with the input voltage. The integrator thus com 
bines the chopped inputs, cancels the offsets and outputs the 
sampled input. Another approach is to chop the input at the 
output conversion rate as disclosed in U.S. Pat. No. 5.675, 
334. In this approach one conversion includes a positive 
offset, the next a negative offset so that two full conversions 
are required to get an output with the offset cancelled. 

It is possible to use the digital filter in the X. A converter 
to remove the chopped offset as in Cirrus Logic's CS5531. 
In that approach the chop rate is lower than the input 
sampling rate but it is a fixed rate. The chopping rate then 
causes a fixed level of undesirable input current independent 
of output rate. Thus as you reduce the output rate to improve 
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2 
the resolution of the converter the input current and the 
resulting offset error do not reduce accordingly but remain 
fixed. Another shortcoming is that this approach only works 
with digital filters whose time domain response is symmetri 
cal. Still another shortcoming is that the timing of the 
chopping is also critical: if is not done at the correct time the 
cancellation of the offset is not complete and an offset still 
appears at the output. 

BRIEF SUMMARY OF THE INVENTION 

It is therefore an object of this invention to provide an 
improved reduced chop rate analog to digital converter 
system and method. 

It is a further object of this invention to provide to such 
an improved reduced chop rate analog to digital converter 
system and method with balanced filter weighting. 

It is a further object of this invention to provide such an 
improved reduced chop rate analog to digital converter 
system and method which functions with filters having 
non-symmetrical as well as symmetrical time domain 
responses. 

It is a further object of this invention to provide to such 
an improved reduced chop rate analog to digital converter 
system and method in which undesirable input current 
decreases in proportion to the output rate. 

It is a further object of this invention to provide to such 
an improved reduced chop rate analog to digital converter 
system and method in which the offset is cancelled without 
reduction in the conversion rate. 
The invention results from the realization that an 

improved technique for eliminating input errors, including 
1/f flicker noise and offset, which is effective for symmetri 
cal and non-symmetrical filter time domain responses and in 
which undesirable input current decreases in proportion to 
the output rate, can be achieved by chopping the input at a 
rate at which the positive and negative components define 
intervals of the time response of the digital filter in which the 
Sum of the weight of the positive and negative components 
during those intervals are substantially equal. 
The subject invention, however, in other embodiments, 

need not achieve all these objectives and the claims hereof 
should not be limited to structures or methods capable of 
achieving these objectives. 

This invention features a reduced chop rate analog to 
digital converter system including an analog to digital 
converter having a sampling quantizer circuit and a digital 
filter which selectively weights its input samples in accor 
dance with its time response. There is an input amplifier for 
coupling an input signal to the analog to digital converter 
including a chopper circuit for alternately inverting the 
polarity of an input error into positive and negative error 
components. A chopper timer defines a plurality of time 
response intervals of the digital filter and drives the chopper 
circuit to generate the positive and negative error compo 
nents in which the sum of the filter weights of the samples 
of the positive and negative error components are substan 
tially equal. 

In a preferred embodiment the input amplifier may be a 
unity gain buffer or may have gain magnitude of greater than 
one. The sampling quantizer circuit may include a X. A 
modulator. The digital filter may include a sinc (sine X/X) 
filter. It may be a fourth order sinc filter. The input error may 
include 1/f or flicker noise; it may include offset error. The 
chopper timer may include a sample counter responsive to a 
convert start signal to count sample clock signals to define 
the time response intervals. The chopper timer may include 
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a decoder circuit responsive to the time response intervals 
for generating normal and chop signals to drive the chopper 
circuit to generate the positive and negative components in 
a plurality of time response intervals. The chopper circuit 
may include first and second Switching circuits. The sample 
counter may be integral with the digital filter. The input 
amplifier may include a pair of input amplifier circuits each 
having a chopper circuit for alternately inverting the polarity 
of an input error of the respective amplifier into positive and 
negative components, where the analog to digital converter 
includes a differential input. The input amplifier may include 
a pair of input amplifier circuits. The analog to digital 
converter may include a differential input and the chopper 
circuit alternately Swaps the interconnection of the input 
amplifier circuits with the differential inputs of the analog to 
digital converter. The input amplifier may include a pair of 
level shifter circuits one associated with each of the input 
amplifier circuits. The time response intervals may be equal 
or not equal. 
The invention also features a method of analog to digital 

conversion for canceling input error including selectively 
weighting input samples in accordance with the time 
response of a digital filter and alternately inverting the 
polarity of an input error into positive and negative com 
ponents. There is provided a timing signal for generating the 
positive and negative components in a plurality of time 
response intervals of the digital filter in which the sum of the 
weights of the positive and negative components are Sub 
stantially equal. 

This invention also features a reduced chop rate analog to 
digital converter system including an analog to digital 
converter having a sampling quantizer circuit and a digital 
filter which selectively weights its input samples in accor 
dance with its time response and an input amplifier for 
coupling an input signal to the analog to digital converter 
including a chopper circuit for alternately inverting the 
polarity of an input error into positive and negative error 
components. A chopper timer defines a plurality of time 
response intervals of the digital filter and drives the chopper 
circuit to generate the positive and negative error compo 
nents in which the sum of the filter weights of the samples 
of the positive and negative error components are Substan 
tially equal. The input amplifier includes a pair of input 
amplifier circuits. The analog to digital converter includes a 
differential input and the chopper circuit alternately Swaps 
the interconnection of the input amplifier circuits with the 
differential inputs of the analog to digital converter. 

This invention also features a reduced chop rate analog to 
digital converter system including an analog to digital 
converter having a sampling quantizer circuit and a digital 
filter which selectively weights its input samples in accor 
dance with its time response and an input amplifier for 
coupling an input signal to the analog to digital converter 
including a chopper circuit for alternately inverting the 
polarity of an input error into positive and negative error 
components. A chopper timer defines a plurality of time 
response intervals of the digital filter and drives the chopper 
circuit to generate the positive and negative error compo 
nents in which the sum of the filter weights of the samples 
of the positive and negative error components are Substan 
tially equal. The input amplifier includes a pair of input 
amplifier circuits. The analog to digital converter includes a 
differential input and the chopper circuit alternately Swaps 
the interconnection of the input amplifier circuits with the 
differential inputs of the analog to digital converter. The 
input amplifier includes a pair of level shifter circuits one 
associated with each of the input amplifier circuits. 
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4 
This invention also features a reduced chop rate analog to 

digital converter system including an analog to digital 
converter having a sampling quantizer circuit and a digital 
filter which selectively weights its input samples in accor 
dance with its time response and an input amplifier for 
coupling an input signal to the analog to digital converter 
including a chopper circuit for alternately inverting the 
polarity of an input error into positive and negative error 
components. A chopper timer defines a plurality of time 
response intervals of the digital filter and drives the chopper 
circuit to generate the positive and negative error compo 
nents in which the sum of the filter weights of the samples 
of the positive and negative error components are substan 
tially equal. The input amplifier includes a pair of input 
amplifier circuits each having a chopper circuit for alter 
nately inverting the polarity of an input error of the respec 
tive amplifier into positive and negative components; the 
analog to digital converter includes a differential input. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Other objects, features and advantages will occur to those 
skilled in the art from the following description of a pre 
ferred embodiment and the accompanying drawings, in 
which: 

FIG. 1 is a schematic diagram of an analog to digital 
converter system with reduced chop rate according to this 
invention; 

FIG. 2 is a schematic diagram of the analog to digital 
converter system with reduced chop rate of FIG. 1 showing 
the balanced filter response chop timer in greater detail; 

FIGS. 3 and 4 are illustrations of filter time responses 
chopped into two intervals and four intervals, respectively; 

FIG. 5 is an illustration similar to FIGS. 3 and 4 of the 
filter time response of an integrator-only filter chopped into 
three intervals; 

FIGS. 6-8 are schematic diagrams of the sample counters 
corresponding to the time response intervals in FIGS. 3-5, 
respectively; 

FIG. 9 is a simplified flow diagram of the method accord 
ing to this invention; 

FIG. 10 is a view similar to FIGS. 1 and 2 in which the 
input amplifier includes a pair of input amplifier circuits 
each having a chopper circuit for alternately inverting the 
polarity of an input error of the respective amplifier into 
positive and negative error components and in which the 
analog to digital converter includes a differential input; 

FIG. 11 is a schematic block diagram of an alternative 
embodiment of the input amplifier of FIG. 1 in the normal 
mode; 

FIG. 12 is a schematic block diagram of an alternative 
embodiment of the input amplifier of FIG. 11 in the chop 
mode; and 

FIG. 13 is a schematic block diagram of yet another 
alternative embodiment of the input amplifier of FIG. 1. 

DISCLOSURE OF THE PREFERRED 
EMBODIMENT 

Aside from the preferred embodiment or embodiments 
disclosed below, this invention is capable of other embodi 
ments and of being practiced or being carried out in various 
ways. Thus, it is to be understood that the invention is not 
limited in its application to the details of construction and 
the arrangements of components set forth in the following 
description or illustrated in the drawings. If only one 
embodiment is described herein, the claims hereof are not to 
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be limited to that embodiment. Moreover, the claims hereof 
are not to be read restrictively unless there is clear and 
convincing evidence manifesting a certain exclusion, restric 
tion, or disclaimer. 

There is shown in FIG. 1 one embodiment of a reduced 
chop rate analog to digital converter 10 according to this 
invention including analog to digital converter 12, input 
amplifier 14, and a balanced filter response chopper timer 
16. Analog to digital converter 12 may include a sampling 
quantizer circuit 18 and digital filter 20. The sampling 
quantizer circuit may be a sigma delta modulator. The digital 
filter may be a sinc (sine x/x) filter. Input amplifier 14 may 
include two stages, first stage amplifier 22, and second stage 
amplifier 24. There is also a chopper circuit 26 including first 
switching circuit 28 and a second switching circuit 30. 
Balance filter response chopper timer 16 provides, alter 
nately, a normal signal on line 32 and a chop signal on line 
34 to operate switching circuits 28 and 30. In a normal mode 
switches 40 and 42 are closed while switches 44 and 46 are 
open and switches 48 and 50 are closed while switches 52 
and 54 are open. Thus in the normal mode the positive input 
on line 56 is applied through switch 40 to the positive input 
of amplifier 22 and then through switch 48 to the positive 
input of amplifier 24: the negative input on line 58 is applied 
through switch 42 to the negative input of amplifier 22 then 
through switch 50 to the negative input of amplifier 24. In 
the chop mode, switches 40 and 42 are open and switches 44 
and 46 are closed so that the positive input on line 56 is 
applied to the negative input of amplifier 22 and the negative 
input on line 58 is applied to the positive input of amplifier 
22. Similarly switches 52 and 54 are now closed and 
switches 48 and 50 are now open. Thus the positive output 
of amplifier 22 is provided by switch 52 to the negative input 
of amplifier 24 and the negative output of amplifier 22 is 
provided through switch 54 to the positive input of amplifier 
24. In this way the inputs are flip-flopped or alternated and 
the output on line 60 from second stage amplifier 24 
provides an output signal which includes the input signal 
plus the offset error (Vin--offset) and alternately the input 
signal minus the offset error (Vin-offset). 

However, offset error is not the only error that could be 
corrected in accordance with this invention, for example, the 
1/f flicker noise may also be corrected in this way. In either 
case there alternately appears on output line 60 the negative 
and the positive error values for those errors be they offset, 
1/f or both. Flicker noise (1/f) is generally introduced by the 
first stage amplifier 22. The chopping circuit as described 
corrects for errors in first stage amplifier 22 only, and not for 
errors in second stage amplifier 24. However, the offset and 
1/f errors introduced by the second stage are not significant 
if the first stage has high gain, as is normally the case. 

Balanced filter response chopper timer 16a, FIG. 2, may 
include a sample counter 70 and decoder 72. Sample counter 
70 counts the sample pulses on line 73 coming from sample 
clock 74 which drives the sampling by the sigma delta 
modulator 18a, for example, and also drives digital filter 
20a. Counting is started with the arrival of the start signal on 
line 75 from the convert start derived directly from the 
convert start signal on line 76 which is the signal that begins 
operation of digital filter 20a. The convert start signal may 
come from an outside source or internally as also the sample 
clock 74. 

Digital filter 20a may be a sinc filter as previously 
described which includes a number of integrators and dif 
ferentiators. For example, a third order sinc filter would 
include three integrators and three differentiators, a fourth 
order would include four integrators and four differentiators. 
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6 
Or another kind of digital filter may be used, for example, 
the differentiators may be eliminated from a sinc filter to 
create an integrator-only filter with one or a cascade of 
integrators. The particular type of filter is not important. A 
feedback circuit 80 may be employed if the input amplifier 
14a provides a gain magnitude greater than one. If it were 
a unity gain amplifier no feedback circuit would be required. 
The second switching circuit 30a may be incorporated in the 
second stage amplifier 24a or it may be incorporated in the 
first stage amplifier 22a and the second stage 24a may be 
done away with. Also sample counter 70 may be imple 
mented as well in digital filter 20a. 

Sample counter 70 in accordance with this invention, 
divides the time response of digital filter 20a into a number 
of intervals as it alternates the polarity of the error signal, for 
example, the offset error. This is done through decoder 72 
which responds to the designated counts representing tran 
sitions between the intervals to create the chop and normal 
signals on lines 34 and 32, respectively. The intervals are 
thus not fixed but are relative to the timing of the samples 
themselves. For example, in FIG. 3, a time response 100 for 
a fourth order sinc filter is shown as having two portions 
labeled B and C. The sum of the weights of the positive 
components of the error signal in B are equal to the Sum of 
the weights of the negative components in interval C. Band 
Care balanced and symmetric about the axis 102. In FIG. 3 
the conversion cycle is equal to four over sampling rate 
cycles or 4 OSR since this is a fourth order sinc filter 
response. Because there are three (3) null samples at the 
start, the central axis 102 is not an exactly half of 4 OSR or 
2 OSR, it is at 2 OSR plus 1.5. In this arrangement the 
chopper is driven by the balanced filter response chopper 
timer 16a to, for example, remain in the normal mode 
providing a positive error signal from the outset at 104 to 2 
OSR plus 1.5, point 106. At time 106 it then switches to the 
chop condition and remains there until the 4 OSR point at 
108. The chopping of the signal in correspondence with the 
balancing of interval B and C causes B and C to have, as 
shown in FIG. 3, an equal area under the curve but what it 
really represents is that the sum of the weights of the positive 
and the negative components of the error signal represented 
by B and Care balanced or equal. This balancing of the filter 
weighting occurs according to this invention with filters 
having asymmetrical as well as symmetrical time domain 
responses. 

In contrast the prior art does not use this delay of 1.5 
samples. As a result the weight of the positive and negative 
components of the error signal are not balanced and do not 
cancel. Therefore, some portion of the error signal will 
appear at the system output. 
The application of the invention is not limited to simply 

two intervals in which the sum of the weights of the positive 
and negative components are equal. Any number of intervals 
may be used. For example, in FIG. 4, a fourth order sinc 
filter is shown in which there are four intervals created D, E, 
F, and G over the time of the filter response 110. Here again 
the sum of the weights of the positive portions under the 
response curve 110, portions 112 and 114, are equal to the 
sum of the weights of the negative portions 116 and 118. 
Again time response 110 has been shifted by three samples 
because of the initial null points. 
The application of the invention to asymmetric or non 

symmetric time responses is shown in FIG. 5 where the time 
response 120 for an integrator-only filter has been divided 
into three intervals H, I and J, where H and Jare positive and 
I is negative. Here the balanced filter response chopper timer 
16a provides the normal mode of operation for up to 16% of 
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the sampling time H, then switches to the chop mode I for 
61% more and at the 77% sample point switches back to the 
positive at during interval J. No further transition is needed 
at the 100% point since the H interval immediately follow 
ing J is positive once again. 

Decoder 72 responds to the output of sample counter 70, 
FIG. 2, to generate the normal and chop signals on lines 32 
and 34, respectively. For example, with sample counter 16b, 
FIG. 6, which corresponds to time response 100, FIG. 3, 
sample counter 16b has an output at 2 OSR and 4 OSR. 
Sample counter 16c, FIG. 7, corresponding to time response 
100, FIG. 4, has four outputs, 1 OSR, 2 OSR, 3 OSR, and 
4 OSR at points 130, 132, 134, and 136 respectively. 
Actually those points are 1 OSR+1.5, 2 OSR+1.5, 3 OSR+ 
1.5 and 4 OSR in order to accommodate the initial null 
points. Sample counter 16d, FIG. 8, has two outputs, one at 
16% OSR and one at 77% OSR. The first output provides the 
positive component during interval H while the transition at 
the 16% point determines the interval I which is a negative 
component that continues until the 77% point, after which 
there is a transition giving a positive output for interval J 
until the 100% point. The subsequent conversion restarts 
with the H interval which is of the same positive polarity as 
J and no future transition is required at the 100% point. 
The method of this invention may be practiced with any 

suitable hardware and includes the steps of selectively 
weighting the input samples with the time response of a 
digital filter 150, FIG. 9 and generating timing signals which 
balance the sum of the weightings in digital filter 152. In 
response to the timing signals the input signal is chopped to 
generate positive (Vin--error) and negative (Vin-error) com 
ponents in a plurality of time response intervals in which the 
Sum of the weights of the positive and negative error 
components are Substantially equal. 
The invention is not limited to the embodiment shown in 

FIGS. 1-8. For example, input amplifier 14a, FIG. 10, may 
include a pair of input buffer amplifiers 22a, 22aa each with 
chopper circuits 26a and 26aa, respectively, both chopper 
circuits being operated by normal signal 32 and chop signal 
34. The timing of signals 32 and 34 is in accordance with the 
digital filter weightings as in earlier embodiments. This 
configuration is Suitable for use where a differential signal is 
required at the input of analog-to-digital converter 12a. The 
errors in each amplifier 22a and 22aa are cancelled inde 
pendently. 

In yet another embodiment the buffers may be inter 
changed instead of flipping over. For example, input ampli 
fier 14a, FIG. 11, may include a pair of input buffer 
amplifiers 22a, 22aa and chopper circuit 26a including 
switching circuits 28a and 30a wherein not the input and 
output of a single amplifier but the connections of the buffer 
amplifier themselves are swapped by the chopper circuit, 
having the effect of interchanging the input buffer amplifiers 
22a, 22aa. Thus in the normal mode switches 40a, 42a, 48a 
and 50a are closed while 44a, 46a, 52a and 54a are open so 
that amplifier 22a (with offset V) is connected to V, and 
amplifier 22aa (with offset V.) is connected to V. The 
input V, to digital converter 12a is 

info osa (1) 

inpinn)+(ospasm) (2) 

showing that the net offset is (V-V). In the chop mode, 
FIG. 12, switches 40a, 42a, 48a, and 50a are open and 44a, 
46a, 52a, and 54a are closed. Amplifier 22a is now con 
nected to V, and amplifier 22aa is connected to V. The in 

input V, to digital converter 12a is 
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8 
Yin-Yates-(+) Zap2 (3) 

in inp inn osnosp (4) 

showing now the net offset is (V, 
before but with the polarity reversed. 
As in the case of the earlier chopping approach, the chop 

timing (amplifier Swap timing) can be chosen with regard to 
the filter weightings so that the buffer offset components are 
cancelled. 

In yet another approach according to this invention the 
input amplifier 14b, FIG. 13, includes a level shifter 23, 25 
associated with each buffer amplifier 22b, 22bb. Level 
shifter 23 has an output equal to the input plus V; level 
shifter 25 has an output equal to the input plus V, plus A 
where A is the mismatch (offset) voltage. Then in the normal 
cycle the input V, to digital converter 12b is: 

-V) the same as 

= V(inp) - V(inn) (5) 

= V + V + Vos - V - V - A - Von (6) 

= (Vip - Vinn) - A + (Vosp - Vosm) (7) 

and in the chop cycle input V, to digital converter 12b is: 

= V(inp) - V(inn) (8) 

= V + V + A + Von - V - V - V. (9) 

= (Vip - Vinn) + A + (Vosin - Vosp) (10) 

The mismatch term A and the offset terms change polarity: 
the offset and the level shifter mismatch are both cancelled. 
An example of a level shifter circuit would be a source 
follower circuit. A level shifter is typically used in cases 
where the amplifier is powered from a single-sided supply, 
e.g. 0 to 5V or 0 to 3 V, and where the input signal is at 
ground or below ground. An amplifier can typically work to 
a minimum input voltage of 100 mV above it’s negative 
Supply (in this case ground), therefore limiting the input 
signal to greater than 100 mV. In many applications (e.g. low 
side current sensing) it is necessary to work with an input 
voltage of OV or even 200–300 mV below 0 v. One approach 
to handling this input range in the single Supply system is to 
level shift the input, for example by +500 mV, so that the 
-300 mV input effectively becomes +200 mV, within the 
range of the amplifier. This can be done by a source follower 
stage in the amplifier front end. Chopping can then be used 
to remove any offset caused by this source follower as 
discussed herein. 

Although specific features of the invention are shown in 
Some drawings and not in others, this is for convenience 
only as each feature may be combined with any or all of the 
other features in accordance with the invention. The words 
“including”, “comprising”, “having, and “with as used 
herein are to be interpreted broadly and comprehensively 
and are not limited to any physical interconnection. More 
over, any embodiments disclosed in the Subject application 
are not to be taken as the only possible embodiments. 

In addition, any amendment presented during the pros 
ecution of the patent application for this patent is not a 
disclaimer of any claim element presented in the application 
as filed: those skilled in the art cannot reasonably be 
expected to draft a claim that would literally encompass all 
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possible equivalents, many equivalents will be unforesee 
able at the time of the amendment and are beyond a fair 
interpretation of what is to be surrendered (if anything), the 
rationale underlying the amendment may bear no more than 
a tangential relation to many equivalents, and/or there are 
many other reasons the applicant can not be expected to 
describe certain insubstantial substitutes for any claim ele 
ment amended. 

Other embodiments will occur to those skilled in the art 
and are within the following claims. 
What is claimed is: 
1. A reduced chop rate analog to digital converter system 

comprising: 
an analog to digital converter including a sampling quan 

tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
of the samples of said positive and negative error 
components are substantially equal. 

2. The reduced chop rate analog to digital converter 
system of claim 1 in which said input amplifier is a unity 
gain buffer. 

3. The reduced chop rate analog to digital converter 
system of claim 1 in which said input amplifier has a gain 
magnitude of greater than one. 

4. The reduced chop rate analog to digital converter 
system of claim 1 in which said sampling quantizer circuit 
includes a X. A modulator. 

5. The reduced chop rate analog to digital converter 
system of claim 1 in which said digital filter includes a sinc 
(sine X/X) filter. 

6. The reduced chop rate analog to digital converter 
system of claim 5 in which said digital filter includes a 
fourth order sinc filter. 

7. The reduced chop rate analog to digital converter 
system of claim 1 in which said input error includes 1/f for 
flicker noise. 

8. The reduced chop rate analog to digital converter 
system of claim 1 in which said input error includes offset 
eO. 

9. The reduced chop rate analog to digital converter 
system of claim 1 in which said chopper timer includes a 
sample counter responsive to a convert start signal to count 
sample clock signals to define said time response intervals. 

10. The reduced chop rate analog to digital converter 
system of claim 9 in which said chopper timer includes a 
decoder circuit responsive to said time response intervals for 
generating normal and chop signals to drive said chopper 
circuit to generate said positive and negative components in 
a plurality of time response intervals. 

11. The reduced chop rate analog to digital converter 
system of claim 1 in which said chopper circuit includes first 
and second Switching circuits. 

12. The reduced chop rate analog to digital converter 
system of claim 9 in which said sample counter is integral 
with said digital filter. 

13. The reduced chop rate analog to digital converter 
system of claim 1 in which said input amplifier includes a 
pair of input amplifier circuits, said analog to digital con 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

10 
verter includes a differential input and said chopper circuit 
alternately Swaps the interconnection of said input amplifier 
circuits with said differential inputs of said analog to digital 
converter. 

14. The reduced chop rate analog to digital converter 
system of claim 13 in which said input amplifier includes a 
pair of level shifter circuits one associated with each of said 
input amplifier circuits. 

15. The reduced chop rate analog to digital converter 
system of claim 1 in which said time response intervals are 
equal. 

16. The reduced chop rate analog to digital converter 
system of claim 1 in which said time response intervals are 
unequal. 

17. The reduced chop rate analog to digital converter 
system of claim 1 in which said input amplifier includes a 
pair of input amplifier circuits each having a chopper circuit 
for alternately inverting the polarity of an input error of the 
respective amplifier into positive and negative error com 
ponents and said analog to digital converter includes a 
differential input. 

18. A method of analog to digital conversion for canceling 
input error comprising: 

selectively weighting input samples in accordance with 
the time response of a digital filter; 

alternately inverting the polarity of an input error into 
positive and negative components; 

providing a timing signal for generating the positive and 
negative components in a plurality of time response 
intervals of the digital filter in which the sum of the 
weights of the positive and negative error components 
are substantially equal. 

19. A reduced chop rate analog to digital converter system 
comprising: 

an analog to digital converter including a sampling quan 
tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
of the samples of said positive and negative error 
components are substantially equal; said input ampli 
fier including a pair of input amplifier circuits, said 
analog to digital converter including a differential input 
and said chopper circuit alternately swapping the inter 
connection of said input amplifier circuits with said 
differential inputs of said analog to digital converter. 

20. A reduced chop rate analog to digital converter system 
comprising: 

an analog to digital converter including a sampling quan 
tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
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of the samples of said positive and negative error 
components are Substantially equal; said input ampli 
fier including a pair of input amplifier circuits, said 
analog to digital converter including a differential input 
and said chopper circuit alternately swapping the inter 
connection of said input amplifier circuits with said 
differential inputs of said analog to digital converter; 
said input amplifier including a pair of level shifter 
circuits one associated with each of said input amplifier 
circuits. 

21. A reduced chop rate analog to digital converter system 
comprising: 

an analog to digital converter including a sampling quan 
tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
of the samples of said positive and negative error 
components are Substantially equal; said input ampli 
fier including a pair of input amplifier circuits each 
having a chopper circuit for alternately inverting the 
polarity of an input error of the respective amplifier into 
positive and negative components, and where said 
analog to digital converter includes a differential input. 

22. A reduced chop rate analog to digital converter system 
comprising: 

an analog to digital converter including a sampling quan 
tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
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chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
of the samples of said positive and negative error 
components are substantially equal, said chopper timer 
including a sample counter responsive to a convert start 
signal to count sample clock signals to define said time 
response intervals. 

23. The reduced chop rate analog to digital converter 
system of claim 22 in which said chopper timer includes a 
decoder circuit responsive to said time response intervals for 
generating normal and chop signals to drive said chopper 
circuit to generate said positive and negative components in 
a plurality of time response intervals. 

24. The reduced chop rate analog to digital converter 
system of claim 22 in which said sample counter is integral 
with said digital filter. 

25. A reduced chop rate analog to digital converter system 
comprising: 

an analog to digital converter including a sampling quan 
tizer circuit and a digital filter which selectively 
weights its input samples in accordance with its time 
response; 

an input amplifier for coupling an input signal to the 
analog to digital converter including a chopper circuit 
for alternately inverting the polarity of an input error 
into positive and negative error components, said input 
amplifier including a pair of input amplifier circuits, 
said analog to digital converter including a differential 
input and said chopper circuit alternately Swaps the 
interconnection of said input amplifier circuits with 
said differential inputs of said analog to digital con 
Verter, said input amplifier including a pair of level 
shifter circuits one associated with each of said input 
amplifier circuits; and 

a chopper timer for defining a plurality of time response 
intervals of said digital filter and for driving said 
chopper circuit to generate said positive and negative 
error components in which the sum of the filter weights 
of the samples of said positive and negative error 
components are substantially equal. 


